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Abstract— An unequal error protection (UEP) transmission
scheme is proposed for multimedia multicasting systems employing a priority encoding transmission (PET)-based packetization
structure [1] combined with rateless codes. Outage probability
is analyzed for the layered multicast framework. A novel transmission scheme is proposed which is capable of minimizing the
transmission cost while simultaneously guaranteeing outage probability constraints. Simulation results show that our proposed
transmission scheme performs well in a multicasting system with
transmission deadlines and asynchronous access start times.

I. I NTRODUCTION
There is an increasing push to move toward multicast, which
allows the deployment of multimedia applications over lossy
packet networks while minimizing their demand for bandwidth
[2]. Multicasting of scalable image and video to heterogenous
receivers calls for unequal error protection (UEP).
Recently, UEP schemes based on rateless codes have been
proposed due to their simple encoding and decoding algorithms and capabilities to adapt to channels with uncertain
parameters. The existing rateless-codes-based UEP schemes
either non-uniformly choose message bits [3], or employ
Expanding Window Fountain (EWF) codes [4] to provide
protection for scalable image and video contents. The above
mentioned schemes, however, do not consider guaranteed user
experience.
To address the above problem, in this paper, we propose
a quality-of-service (QoS)-aware UEP transmission scheme.
In a practical system, multimedia contents are grouped into
a sequence of group of frames (GOF), and each GOF can
only be transmitted within a certain time period due to realtime delay constraints and limited system resources. Therefore,
the system can only transmit a certain maximum number of
packets, which corresponds to a cutoff deadline. Late-tune-in
receivers or receivers with poor channel conditions may not
achieve their target QoS when the cutoff deadline is reached,
leading to a non-negligible outage probability.
In this paper, we analyze the outage probability for layered
multicast packetization structures, and then discuss how to
allocate source bits to rateless coded packets to satisfy outage
probability constraints. After that, a novel allocation scheme is
proposed which minimizes the average transmission cost while
simultaneously satisfying heterogeneous outage constraints.
We remark that in a previous work [5], we have investigated
the transmission scheme for systems without a cutoff deadline,
in which ultimately each receiver can reach its target QoS with
zero outage probability. The proposed scheme in this paper is
an extension of [5] to a more realistic multicasting scenario.
The rest of this paper is organized as follows: Section II
describes the system model; Section III discusses the outage
probability for a given allocation scheme; Section IV provides
a novel bit-to-packet allocation scheme for systems with
restricted numbers of transmitted packets; Section V presents
the simulation results.
1 This work was supported by Natural Sciences and Engineering Council
of Canada Strategic Project Grant STPSC 356826-07.
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II. S YSTEM D ESCRIPTION
In this paper, we investigate a multimedia multicasting
system where an embedded source bit stream is transmitted
from a server to a number of heterogenous receivers.
There are J classes of receivers, and the number of receivers
in class j is denoted by Mj . Each class is characterized by
a QoS requirement in terms of a target peak signal-to-noise
ratio (PSNR) of the reconstructed signal, denoted by γj for
class j, j = 1, .., J. In the proposed scheme, PSNR can
be straightforwardly replaced by other measures of source
reconstruction quality.
We consider a network with memoryless and independent
packet erasure channels, in which the actual erasure rate for
a receiver is not known precisely, but the set of all possible
channel erasure rates as well as their probabilities are known
at the transmitter. The channel erasure rate for receiver i in
class j, denoted by ρj,i , where i = 1, .., Mj and j = 1, .., J,
can be chosen from a set of possible channel erasure rates,
hj = {hj,1 , .., hj,bj }, where bj denotes the size of this set,
with probabilities pj = {pj,1 , .., pj,bj }. Once the channel
erasure rate is chosen, it remains unchanged during the whole
transmission period.
At the transmitter/server, to mitigate the channel errors, the
source bit stream is loaded onto a sequence of packets by
a PET-like layered packetization structure, as illustrated in
Figure 1. The number of layers, denoted by L, is equal to
the packet size, and the number of allocated source bits for
layer i is denoted by Ki , where i = 1, .., L. A lower-indexed
layer contains more significant source symbols than a higherindexed layer.
With layered packetization, a sequence of packets can then
be transmitted to receivers until all receivers’ QoS requirements are satisfied, or a cutoff deadline, Nmax , is reached.
Here Nmax is given by the system which depends on delay
and resource considerations.
To accommodate the asynchronous receivers, which start
receptions at time instances they choose, we introduce the
concept of an access window, which is defined as the time
interval over which receivers can initiate access to the multicast. Throughout this paper, a time interval is represented
by indices of the transmitted packets. The access window for
class j, denoted by [1, Icut,j ], implies that any class j receiver
can access the system at a time instance between the first
transmitted packet and the Icut,j -th transmitted packet. We
assume that the access start time instances of receivers in class
j have independent uniform distributions within the access
window of [1, Icut,j ]. Outside this window, although receivers
can still start their receptions, the QoS is not guaranteed.
In this paper, the transmission scheme is designed by only
considering the receivers which access the system within the
access window.
III. O UTAGE A NALYSIS
Due to the cutoff limit, Nmax , there exists a non-zero outage
probability for each receiver, defined as the probability that a
target QoS cannot be satisfied after all Nmax packets have
been sent. In this section, we evaluate the outage probability.
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With rateless codes, it is assumed that Kl (1 + δl ) received
packets are required to successfully decode the lth layer, where
δl represents the fraction of overhead needed to recover layer
l, and is dependent on the rateless code design. As shown in
(2), to satisfy the target QoS requirement for class j, at least dj
layers should be decoded. Therefore, Kdj (1 + δdj ) packets
should be collected at a class j receiver to achieve QoS, where
a denotes the smallest integer larger than or equal to a.
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B. Outage probability for a specific receiver
For a given user i in class j, under the assumption that all
packets are erased independently with erasure rate of ρj,i , the
probability that n packets are correctly received after all Nmax
packets are transmitted, can be expressed as follows
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where Ij,i denotes the access start time for receiver i.
The outage probability for user i in class j, denoted by
j,i
Pout
, can thus be expressed as the probability that less than
Kdj (1 + δdj ) packets are correctly received after all Nmax
packets have been transmitted,

Maximum number of transmitted packets is Nmax

Fig. 1.

(3)

Kdj (1+δdj )−1
j,i
Pout

Layered packetization structure combined with rateless codes.

A. QoS constraints
Without loss of generality, the J classes are ordered with
increasing target PSNR, i.e., γ1 ≤ γ2 ≤ .. ≤ γJ . In the
course of compressing a source, its operational rate-distortion
function (e.g., in terms of PSNR versus number of decoded
source bits) can be obtained, denoted by f (.). Therefore, to
achieve a target PSNR γj , where j = 1, .., J, at least Rj source
bits must be successfully decoded,
Rj = f −1 (γj )

=
=



Pn,Nmax
n=0
Kdj (1+δdj )−1 

Nmax − Ij,i
N

n=0
−Ij,i +1−n

ρj,imax

n

dj


av
Pout,j

=

av
Pout,j

Km )

(4)

j,i
≈ EIj,i ,ρj,i [Pout
]

=
(2)

With an embedded source bit stream, the less important
bits are not usable if the preceding more important bits are
not correctly received. Therefore, the more important part of
the source stream should be better protected. Since layer i is
useless if layers 1, . . . , i−1 are not decoded successfully, layer
i − 1 should have no less error protection than layer i, i.e.,
the channel code rate of layer i − 1 is no greater than that of

Mj
1  j,i
P .
Mj i=1 out

The above equation is a function of channel erasure rate
ρj,i and access start time Ij,i , where i = 1, .., Mj . As
mentioned previously, Ij,i is uniformly distributed over the
access window, and ρj,i can be randomly chosen from a set of
possible channel erasure rates. Therefore, if Mj is moderately
large, e.g., Mj ≥ 30, by the Weak Law of Large Numbers
(WLLN), the above equation can be approximated by

m=1

≥ γj .

(1 − ρj,i )n ×

.

−1

PSNRj (K1 , .., KL ) = f (



C. Average outage probability
The average outage probability for class j can then be
obtained by

(1)

denotes the inverse of the operational ratewhere f
distortion function.
Each receiver can keep receiving packets, and then decode
the source symbols layer by layer. After one layer is successfully decoded, the receiver evaluates its current PSNR,
and then decides if it is necessary to receive more packets.
Therefore, for class j, the number of successfully decoded
layers, denoted by dj , determines the received PSNR, denoted
by PSNRj (K1 , .., KL ). Therefore, to ensure a target PSNR,
dj should be chosen to satisfy the following condition

+1

bj




Icut,j

pj,d

1

Kdj (1+δdj )−1



I
m=1 cut,j
n=0
d=1


Nmax − m + 1
max −m+1−n
(1 − hj,d )n hN
j,d
n
(5)

where Ea,b [g] indicates the expectation of g taken with respect
to random variables a and b; hj,m and pj,m , m = 1, .., bj ,
denote a possible erasure rate and its corresponding selection
probability, respectively.
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D. Worst-case outage probability
Worst-case outage probability represents the maximum outage probability that a class j receiver can experience. In such
case, the receiver accesses the system at the latest time instance
within the access window, and experiences the poorest channel
condition. Therefore, the worst-case outage probability for
class j can be expressed as
w
Pout,j

=

N̄j

j,i
max Pout

i
Kdj (1+δdj )−1 



=

n=0
n

Nmax − Icut,j
n

N

,
(6)



where hj,max = max hj,1 , .., hj,bj .
IV. P ROPOSED TRANSMISSION SCHEME
We have analyzed the outage probability. In this section,
we design a transmission scheme so that outage probability
constraints can be satisfied with minimum transmission cost.
A. Outage constraints
For the investigated multicasting system, due to the finite
number of transmitted packets, a target PSNR might not be
achieved. Nevertheless, a certain level of outage probability,
defined as the probability that a target PSNR cannot be
satisfied, may be acceptable for wireless networks. Therefore,
the QoS can be characterized by average and worst-case outage
probability constraints, i.e.,
av
Pout,j
≤ av
(7)
out,j , j = 1, .., J,
w
Pout,j ≤ w
,
j
=
1,
..,
J
(8)
out,j
w
out,j

and
denote average and worst-case outage
where
av
w
probability constraints, respectively, and Pout,j
and Pout,j
are
given in (5) and (6), respectively.
B. Transmission cost criterion
Transmission capacity in a multicast system is a valuable
resource, especially in wireless environments. To efficiently
utilize system resources, for asynchronous systems, it is reasonable to minimize the cost in terms of the average number
of transmitted packets (including correctly and incorrectly
received packets) required for each receiver.
Denote Nj,i as the required number of transmitted packets
for receiver i in class j, where i = 1, .., Mj . Among all Mj
receivers in class j, assume that there are Mj,out receivers
which cannot achieve the target PSNR. Without loss of generality, these Mj,out receivers are given lower index values than
other receivers. The average number of transmitted packets for
class j receivers can then be written as
N̄j

=

av
av
= Pout,j
En [Nj,n ] + (1 − Pout,j
)Eq [Nj,q ] (10)

where n denotes the index of receivers which cannot achieve
the target PSNR, and q denotes the index of receivers which
can achieve the target PSNR. We next derive these two
expected values.
The expected value of Nj,n can be obtained by


+1

−Icut,j +1−n

max
(1 − hj,max ) hj,max

av
out,j

If Mj is moderately large, e.g., Mj ≥ 30, the fraction of
can be used to approximate the average outage probaav
. Also, by the WLLN, the average numbers inside
bility Pout,j
the brackets in (9) can be approximated by their expected
values. Therefore, the expression in (9) can be simplified as
follows
Mj,out
Mj

Mj
1 
Nj,i
Mj i=1

En [Nj,n ]

= En [Nmax − Ij,n ]
1
= Nmax − Icut,j
(11)
2
Ij,n denotes the initial access time instance for receiver n,
which is uniformly distributed over [1, Icut,j ].
For receivers with satisfied PSNR, we have
j,q
Eq [Nj,q ] = E[NCj,q ] + E[NIN
C]

where NCj,q denotes the number of correctly received packets
j,q
required to decode Rj source bits, and NIN
C denotes the
number of incorrectly received packets before NCj,q packets
are successfully collected at the receiver.
Due to the layered packetization structure with K1 ≤
K2 .. ≤ KL , it is obvious that the number of correctly received
packets, NCj,q can be expressed as
NCj,q

= Kdj (1 + δdj ),

(13)

where we have removed the integer constraint for convenience.
With a given channel erasure rate, ρj,q , packet transmissions
for receiver q can be modeled as independent Bernoulli trials,
j,q
and as a result, it can be shown that NIN
C in (12) has
ρj,q
a negative Binomial distribution with mean NCj,q 1−ρ
[6].
j,q
Therefore, Equation (12) can be obtained as
j,q
j,q
Eq [Nj,q ] = Eρj,q [E[NIN
C + NC |ρj,q ]]
ρj,q
+ NCj,q ]
= Eρj,q [NCj,q
1 − ρj,q
⎛
bj

⎝
= Kdj (1 + δdj ) 1 +
pj,m
m=1

⎞
hj,m ⎠
.
1 − hj,m
(14)

Inserting (11) and (14) into (10), we have
⎛
bj

av
N̄j = (1 − Pout,j
)Kdj (1 + δdj ) ⎝1 +
pj,m
m=1

Mj,out
Mj

1 
=
(
Nj,n +
Nj,q )
Mj n=1
q=Mj,out +1
⎛
⎞
Mj,out

Mj,out ⎝ 1
Nj,n ⎠
=
Mj
Mj,out n=1
⎛
Mj

1
Mj − Mj,out ⎝
+
Mj
Mj − Mj,out

(12)

⎞
hj,m ⎠
1 − hj,m

1
av
+Pout,j
(Nmax − Icut,j ).
2
The overall transmission cost among all classes, denoted by
Nav , is defined as
Nav

⎞

=

J


βj N̄j

(15)

j=1

Nj,q ⎠

q=Mj,out +1

(9)

where βj > 0 is a weighting factor set to the fractional
significance of class j, and without loss of generality we
J
assume j=1 βj = 1.
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C. Source bit-allocation problem

TABLE I
P SEUDO CODE FOR THE PROPOSED ALLOCATION SCHEME .

With the above discussion on constraints and cost criterion,
the allocation scheme can be derived by solving the following
constrained optimization problem
min Nav

K1 ,..,KL

Initialization: Best= 10000, d0 = 0; R0 = 0;
Derive source bit rate Rj , j = 1, .., J, from (1);
Foreach d1 = 1 : 1 : L
....
Foreach dJ−1 = dJ−2 : 1 : L
Allocate Rj − Rj−1 bits equally, or approximately
equally among dj − dj−1 layers. Get k1 , .., kL .
If dm = .. = dn , where 1 ≤ m ≤ n ≤ L
Re-allocate Rn − Rm−1 bits equally
among dn − dm−1 layers. Get k1 , .., kL .
End;
If k1 ≤ k2 .. ≤ kL and outage constraints
(17) and (18) are satisfied:
Derive Cost according to (15);
If Cost ≤ Best
Best = Cost;
Optimal allocation scheme is set to
kopt = [k1 , .., kL ];
End;
End;
End foreach dJ−1
....
End foreach d1

(16)

subject to
≤ av
out,j ,
≤ w
out,j ,

av
Pout,j
w
Pout,j

j = 1, .., J,
j = 1, .., J,

K1 ≤ K2 ... ≤ KL

(17)
(18)
(19)

av
w
where Nav , Pout,j
and Pout,j
are given in (15), (5) and (6),
respectively.

D. Proposed allocation algorithm

V. S IMULATION
A. Outage probability
Before deriving the allocation schemes, in this section, we
numerically illustrate the outage probabilities (5)-(6) for class
j as a function of Kdj , as shown in Figure 2. For simplicity,
we assume the channel erasure rate to be the same for all class
j receivers, denoted by hj .
Note that Figure 2 can be applied to any class. An allocation
scheme is feasible if and only if the outage probability
constraints for all classes can be satisfied. For example, assume
there are two classes of receivers, and the channel erasure
rates for these two classes are 0.01 and 0.2, respectively. With
average outage probability constraints of 10−5 for class 1, and
10−2 for class 2, from Figure 2, we can show that a feasible
allocation scheme must satisfy Kd1 ≤ 935 and Kd2 ≤ 755.

0

10

hj=0.01

−1

10

hj=0.1

−2

Outage probbility

To minimize the cost, we choose the total number of source
L
bits, l=1 Kl , as the number of source bits required to satisfy
the most demanding target PSNR. Also, it is obvious that
setting dJ = L sufficiently utilizes the packetization structure
and thus leads to a lower Nav in (15).
With the above analysis, we propose an allocation scheme
which is a suboptimal solution to (16)-(19). Pseudo code of
the proposed allocation scheme is illustrated in Table I.
The idea behind this allocation algorithm can be summarized as follows:
• Let S be the set of all possible allocation schemes.
• For each allocation scheme s ∈ S, the decoding-layer-set
is defined as ds = [ds,1 , .., ds,J ], where ds,j denotes the
required number of successfully decoded layers needed to
satisfy class j’s QoS with zero outage, where j = 1, .., J,
and ds,i ≤ ds,j for i < j.
• All the allocation schemes in S are then grouped into
different subsets such that all the allocation schemes in
a subset have the same values for the decoding-layer-set.
The decoding-layer-set for subset g, where g denotes the
subset index, is denoted by dg .
• For each subset g, we choose the allocation scheme which
equally (or approximately equally) allocates Rj − Rj−1
source bits from layers dj−1 + 1 to dj . This allocation
scheme and its corresponding cost are denoted by kopt,g
and Cg , respectively. The set is feasible if and only if the
outage probability constraint can be satisfied.
• Minimization is accomplished by checking the cost Cg
for each feasible subset.

10
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Fig. 2. Average and worst-case outage probability for different values of
channel erasure rates and allocation schemes (represented by Kdj ). The
cutoff deadline and access window are set to Nmax = 1200 and [1, 200],
respectively.

B. Allocation schemes
Now we illustrate how to allocate source bits to packets.
Consider a single cell multicasting system with two classes of
receivers. The target PSNR for class 1 and class 2 are γ1 = 27
dB and γ2 = 30 dB, respectively. A standard 512 × 512 Lenna
image is used as a vehicle for testing the proposed scheme. The
image is compressed with the set partitioning in hierarchical
trees (SPIHT) algorithm [7] at a rate of 0.2 bits/pixel. From
the operational rate-distortion curve, the minimum number of
the source bits needed to provide the above PSNR targets are
R1 = 11072 and R2 = 24728, respectively. The packet size
is L = 47.
The maximum number of transmitted packets is set to
Nmax = 1200, and the arrival windows for class 1 and
class 2 receivers are set to [1, 300] and [1, 200], respectively,
unless specified otherwise. For the proposed UEP scheme, a
rateless code with a typical average overhead rate of 0.05 [8]
is employed.
As described previously, source bits should be allocated
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Fig. 3. Allocation of source bits over L = 47 layers for systems with (right)
and without (left) cutoff deadline. The channel erasure rates are set to h1 =
0.4 and h2 = 0.01 for class 1 and 2, respectively. The outage probability
−6 , av
−2 , w
−2
constraints are as follows: av
out,1 = 10
out,2 = 10
out,1 = 10
and w
out,2 = 1. Note that the subplots have different vertical scales.

to the layers appropriately to satisfy the outage probability
constraints with least system transmission cost. Figure 3
presents the bit allocation produced by the algorithm in Table
I. For comparison, we also present the allocation for the case
of no cutoff limit, i.e., Nmax = ∞.
With Nmax = ∞, if the weighting factor of class 1 is not
dominant, e.g., β1 ≤ 0.5, the allocation algorithm needs to
spread the source bits required by class 1 over as few layers
as possible, so that more layers can be devoted to the source
bits required by class 2 and as a result, a smaller overall cost
can be achieved. This allocation, however, is not feasible for a
cutoff deadline of Nmax = 1200, due to violating the outage
probability constraint for class 1. In such case, as presented in
Figure 3, the source bits required by class 1 should be spread
over more layers to reduce Kd1 , so that the outage constraint
for class 1 can be satisfied. Doing so, however, leads to an
increased Kd2 , due to the fewer layers left for the extra source
bits required by class 2.
Similarly, for systems with Nmax = ∞, if class 1 is made
more significant, e.g., β1 = 0.85, the bits required for class 1
should be spread over more layers to achieve a smaller cost
for class 1. This allocation, however, leads to a larger Kd2 ,
which violates the outage probability constraint for class 2
when the maximum number of transmitted packets is set to
Nmax = 1200. In such case, the source bits required by class
1 should be spread over fewer layers in order to make room
for class 2, so that the outage probability constraint for class
2 can be satisfied.
C. Performance of the proposed allocation schemes
In this section, we assess above derived allocation schemes
in terms of the overall transmission cost. From Figure 4, it can
be observed that if the channel erasure rate is small, e.g., h1 ≤
0.1, there is no obvious loss by imposing the cutoff deadline.
This is because the bit allocation derived with Nmax = ∞
is also a feasible solution to the system with Nmax = 1200.
When the channel erasure rate is larger, however, the cost is
increased for systems with a finite cutoff deadline, especially
for cases where one particular class dominates, e.g., β1 ≥ 0.7,
or β1 ≤ 0.4. This is the case because for systems with Nmax =

Fig. 4.
Cost comparison between the systems with and without cutoff
deadline. Different values of channel erasure rate for class 1, denoted by
h1 , are tested, and the channel erasure rate for class 2 is h2 = 0.01. The
access windows for both classes are [1, 200]. The average outage probability
−4 and av
−6 , respectively. No
constraints are set to av
out,1 = 10
out,2 = 10
worst-case outage probability constraints are imposed for both classes, i.e.,
w
w
out,1 = out,2 = 1.

∞, if one particular class dominates, the dominated class can
absorb a larger Kdj without violating any outage constraint.
For systems with finite cutoff deadline, Kdj for the dominated
class is limited by the outage probability constraint, leading
to an increase in overall transmission cost.
VI. C ONCLUSIONS
In this paper, a multimedia multicasting system is investigated which employs rateless codes and a PET-like layered
packetization structure. A closed-form outage probability is
derived for the investigated layered multicast. We then propose
a novel transmission scheme which aims to adapt to the
channel conditions, and trade off the transmission costs among
heterogeneous receivers, so that the overall system transmission cost can be minimized subject to outage probability
constraints. Simulation results show that the proposed scheme
performs well for QoS-aware multicast systems which have
real-time delay constraints and asynchronous multicast start
time instances, and as a result, can be applied to a variety of
emerging multicasting applications, such as Internet Protocol
television and wireless video on demand.
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